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(57) ABSTRACT 

The present invention relates to a receiver System in a 
communication system Supporting packet-based communi 
catior (e.g., an IP-network), including a receiver, speech 
decoder (40) and a jitter buffer (20) for handling delay 
variations in the reception of a speech signal consisting of 
packets containing frames with encoded speech. A jitter 
buffer controller (50) is provided for keeping information 
about the functional size of the jitter buffer (20) and for 
providing the speech decoder (40) with control information, 
such that the speech decoder (40), based on that information. 
provides a dynamic adaptation of the size of the jitter buffer 
(20) using the received encoded, packetized speech signal. 
The invention also relates to a method of adapting the 
functional size of the jitter buffer of a receiver system. 
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METHOD OF DYNAMICALLY ADAPTING THE 
SIZE OF AUITTER BUFFER 

PRIORITY CLAIM 

0001. This patent application claims priority to PCT 
patent application number PCT/SE01/01140 filed May 31, 
2OOO. 

FIELD OF THE INVENTION 

0002 The present invention relates, generally, to a 
receiver system in a communication system supporting 
packet-based communication of speech and data (e.g., an 
IP-network). More specifically, the present invention relates 
to a system comprising a receiver, a speech decoder and a 
jitter buffer for handling variations in the reception of a 
speech signal consisting of packets containing frames with 
encoded speech. 

BACKGROUND OF THE INVENTION 

0003. One area undergoing fast development within tele 
communications is voice over IP (VOIP) (e.g., Transmission 
Control Protocol/Internet Protocol-TCP/IP). Developments 
in this area initially focused on making phone calls at very 
low costs. Now, developments within this telecommunica 
tions area seem promising for new and different business 
applications. Because both speech and data use the same 
network and the same transmission protocol, it should be 
much easier to implement different information applications 
(e.g., call center, call screen, unified messages, etc.) with 
VOIP than with traditional telecommunication technologies. 
However, VOIP applications typically group voice or speech 
data to form packets, which are sent over shared common 
networks. Due to the nature of such networks, specific 
technical problems like the loss of packets, delay of packets, 
and jitter often occur. 
0004 Jitter can be described as the variation in arrival of 
consecutive packets. Typically, in real-time services such as 
in Voice transmission, a packet encoded with speech is sent 
every 20 ms, which corresponds to 160 samples when using 
a sampling frequency of 8 kHz. Since delays vary through 
out a network, different packets are delayed differently. 
Moreover, clocks of transmitting and receiving terminal 
units are not synchronized to one another. In order to Smooth 
out delay variations, a receiving system or the receiving 
module of a terminal (i.e., a terminal that generally functions 
both as a receiver and a transmitter) is usually provided with 
a jitter buffer. 
0005. The relative size of the jitter buffer bears an impor 
tant relation to resulting speech quality. If the size of the 
jitter buffer is too large, the one-way delay from mouth to ear 
will be too large, and the perceived quality will be degraded. 
For example, ITU-T Recommendations state that the one 
way delay should be less than 150 ms for a regular telephony 
service. 

0006 If the jitter buffer is too small, however, packets 
delayed more than the size of the jitter buffer will arrive too 
late for any speech synthesis, and will be seen as lost. 
Therefore, an adaptive jitter buffer is needed to balance the 
size of the jitter buffer (i.e., delay at the receiving side) 
against packet loss. 
0007 Delay may also vary with time. In order to handle 
such variations, the size of the jitter buffer (i.e., the number 
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of samples that the speech parameters within it would 
represent) needs to be adaptable. The jitter buffer can be 
measured and adapted in different ways. One conventional 
method measures jitter buffers through checking maximum 
variations in arrival times for the received packets. There are 
also various methods for performing the actual jitter buffer 
adaptation. For example, one conventional method performs 
a jitter buffer adaptation by using the beginning of a talk 
spurt to reset the jitter buffer to a specified level. The 
distance, in number of samples, between two consecutive 
talk-spurts is increased at the receiving side if the jitter 
buffer is too small (e.g., during silence). Likewise, the 
number of samples is decreased if the jitter buffer is too 
large. Through this action the size of the jitter buffer is 
adaptable. In IP telephony Solutions using, for example, the 
RTP protocol (Real Time Protocol), the marker flag in the 
RTP header identifies the beginning of a talk-spurt. Accord 
ingly, the size of the jitter buffer can be changed when such 
a packet arrives at the receiving side. 

0008 However, the above-mentioned conventional solu 
tion statically resets the jitter buffer to a certain level at the 
beginning of each talk-spurt. It does not, for example, cover 
the case when network conditions change or if a wrong 
decision has been taken. Furthermore, if the jitter buffer size 
becomes too small, packets will be lost. Similarly, if the 
jitter buffer becomes too large, an unnecessary delay is 
introduced. In both cases, the perceived speech quality will 
be affected. This is undesirable. Moreover, because the jitter 
buffer is adapted only when there is a speech silence period, 
the problems will be even more severe during periods of 
long speech where no jitter buffer adaptations occur. 

SUMMARY OF THE INVENTION 

0009. Therefore, a receiver, or a receiving module or 
function within a terminal unit, hereinafter commonly 
referred to as a receiver system, in a communication system 
is needed providing efficient handling of the variation in 
arrival time (i.e., packets that arrive irregularly) between 
consecutive packets. A receiver system is also needed 
through which the perceived speech quality will be good— 
particularly improved over conventional receiving systems. 
A receiver system is also needed to Smooth out delay 
variations—especially by handling jitter in Such a way that 
the size of the jitter buffer can be adapted in an efficient 
manner. A receiver system is also needed which contains a 
jitter buffer adapted to balance the delay at the receiving side 
while still optimizing packet loss. A receiver system includ 
ing a jitter buffer is also needed to fulfill any requirements 
and recommendations relating to regular telephony services, 
and for which the jitter buffer can adapt in an easy manner. 
0010 Ajitter buffer, according to the present invention, is 
given a broad interpretation. It refers to a jitter buffer where 
packets are stored before fetching by a decoder. It may, 
however, also relate to storing or buffering channels, 
wherein speech is stored in its decoded form (i.e., after 
decoding in the decoder). This is applicable when decoding 
is Substantially performed as soon as packets are received in 
the receiver. This is how the functional size of the jitter 
buffer is determined. 

0011 Moreover, a system is needed for adapting the 
functional size of a jitter buffer in a receiver system, within 
a communication system supporting packet-based commu 
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nication of speech and data, through which jitter buffer 
adaptations can be performed in an efficient and easy man 
ner. A system is also needed to Smooth out delay variations 
in the reception of consecutive packets containing speech. 
Moreover, a system is needed to provide good speech quality 
while reducing the risk of lost packets. Still further, a system 
is needed for improved perceived speech quality at the 
receiver. A system is also needed through which the jitter 
buffer handling capability, within a receiver system can be 
improved, facilitated and, particularly, optimized. 
0012. Therefore, a receiver system is provided which 
includes a receiver, speech decoder, and a jitter buffer, in 
which packets containing frames with encoded speech are 
received (i.e., the buffer receives packets from the network 
comprising speech parameters representing one or more 
speech frames comprising a number of samples). The 
present invention further provides a jitter buffer controller 
for keeping information about the size of the jitter buffer and 
for providing speech decoding with control information Such 
that speech decoding, based on Such information, includes 
information about the received (encoded or decoded) speech 
signal, and provides for a dynamic adaptation of the size of 
the jitter buffer by modification of the received, packetized 
speech signal. According to different embodiments, the 
speech signal may be modified during the decoding step, or 
after decoding. 
0013 In one embodiment, the jitter buffer controller uses 
information on the current size of the jitter buffer and on the 
desired (default) size of the jitter buffer to determine if, and 
how, the jitter buffer size needs to be adapted. 
0014) A packet particularly contains at least one speech 
frame, each frame containing a number of parameters rep 
resenting speech. In a particular implementation, a received 
packet consists of one speech frame representing, for 
example, 160 samples when decoded According to the 
invention, the speech signal is compressed or extended in 
time to adapt the functional size of the jitter buffer. The 
number of samples that remain in the receiver until the 
received packet has to be fetched by the decoder represents 
the current size of the jitter buffer. The desired, or default, 
size of the jitter buffer is represented by the number of 
samples that should remain in the receiver until the received 
packet has to be fetched by the decoder. 
0.015 The present invention also adjusts the functional 
size of the jitter buffer, which is relevant when the speech 
decoder actually fetches packets (Substantially as soon as 
they arrive), decodes them, and stores them before delivery 
to the D/A converter. This storing after decoding corre 
sponds to the actual storing in the jitter buffer, hence the term 
functional size of the jitter buffer. Then, however, adaptation 
is somewhat delayed since adaptation of the size is done in 
relation to the Subsequent packet. 
0016 Particularly, for controlling the size of the jitter 
buffer, a number of samples are added or removed upon 
decoding a packet in the decoder. In one embodiment, for 
adapting the size of the jitter buffer, a number of pitch 
periods (or a number of samples representing one or more 
pitch periods) are added or removed when decoding. Still 
further, the number of frames that a packet contains may be 
increased or decreased depending on whether the size of the 
jitter buffer needs to be increased or reduced. 
0017. The jitter buffer control detects the arrival times of 
packets at the jitter buffer and the time at which packets are 
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fetched by the decoder for determining if, and how, the jitter 
buffer size needs to be adapted. A feedback channel is 
provided to inform the jitter buffer controller about the 
current jitter buffer size such that the controller always is 
provided with updated information about jitter buffer size. 
Via the feedback channel, information is provided to the 
controller about how many samples/frames/pitch periods 
were added/removed from packet at the latest adaptation of 
the jitter buffer size. Alternatively, if all the intelligence 
resides in the controller, there is no need to transfer the 
information, since it is already available to the controller. In 
one embodiment, for altering the number of samples or pitch 
periods, the currently received packet is used. Alternatively, 
for adding a frame to a packet, the parameters of a number 
of the preceding frames are used to synthesize a new frame. 
Alternatively, for insertion of a frame, parameters of a 
preceding frame and of a Subsequent frame can be used in 
an interpolation step to provide a new frame. For deleting a 
frame, the Subsequent frame is advantageously deleted from 
the jitter buffer. 

0018. In one embodiment, the decoder comprises a CELP 
or other similar decoder, and an already existing controller 
therein may be used as the jitter buffer controller. In an 
alternative embodiment, the decoder performs an LPC 
analysis to provide an LPC-residual and conduct an LPC 
synthesis. 

0019. In one embodiment, a method of adapting the 
(functional) size of a jitter buffer in a terminal unit in a 
communication system Supporting packet-based communi 
cation of speech and data is provided which comprises the 
steps of receiving a speech signal, with encoded speech in 
packets, from a transmitting side in a jitter buffer of a 
receiver, storing the packets in a jitter buffer, fetching 
packets from the jitter buffer to a speech decoder. The 
method may further comprise the steps of detecting if the 
functional size of the jitter buffer needs to be increased or 
decreased and, if it does, extending or compressing the 
received speech signal in time through controlling the num 
ber of samples the speech frames stored in the jitter buffer 
would represent when decoded. This method may, in order 
to extend or compress the speech signal, increase or decrease 
the rate at which the decoder fetches packets from the actual 
jitter buffer or, alternatively, the rate at which the decoder 
outputs frames, in the case when decoding is done substan 
tially as soon as a packet arrives to the jitter buffer. 

0020. In another embodiment, the method comprises 
adapting the size of the jitter buffer by adding or deleting one 
or more samples when a packet is decoded in the decoder. 
In an alternative embodiment the method includes adding or 
removing one or more pitch periods upon decoding in the 
decoder. In still another embodiment, the method includes 
adding or removing one or more frames to or from a packet. 
In this instance, an additional frame is then introduced 
between two packets. The additional frame will generate a 
speech frame comprising N samples, e.g. 160 samples. 

0021. The present invention may further comprise the 
step of detecting, in an automatic control, the arrival times 
of packets to the jitter buffer and the times at which packets 
are fetched by the decoder, to determine if and how the jitter 
buffer size needs to be adapted. Another embodiment, 
instead of detecting packets fetched by the decoder, deter 
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mines when the decoder has to output a packet to D/A 
converter (e.g., from a play-out buffer associated with the 
decoder). 
0022. The present invention may further comprise 
dynamically adapting the size of the jitter buffer through 
increasing or decreasing the rate at which the decoder 
fetches packets from the jitter buffer. According to one 
embodiment, a CELP or CELP-like decoder is used for 
adaptation control, thus using existing LPC parameters, 
giving an LPC-residual. In another embodiment, an LPC 
analysis is performed to provide an LPC-residual before 
adding or removing samples/frames/pitch periods or per 
forming an LPC-synthesis. 
0023. In one embodiment, a system handling delay varia 
tions of a jitter buffer in a receiver system in a communi 
cation system Supporting packet-based communication of 
speech and data is provided, wherein packets with frames 
(one or more) of encoded speech are received in the jitter 
buffer from a transmitting terminal unit at a varying first 
frequency, and wherein the speech decoder fetches packets 
from the jitter buffer with a second frequency. The system 
comprises a jitter buffer controller to dynamically control 
the second frequency with which the decoder fetches pack 
ets from the jitter buffer, such that the size of the jitter buffer 
can be changed or adapted. The frequency at which fetching 
of packets is performed is controlled through increasing or 
decreasing the number of samples/pitch periods/frames con 
tained in a packet, when decoded in the decoder. 
0024. In summary, the present invention provides a num 
ber of advantages over conventional systems and methods. 
With the present invention, receiver systems in a commu 
nication system provide for efficiently handling variations in 
arrival time (i.e. packets that arrive irregularly) between 
consecutive packets while providing improved perceived 
speech quality; and provide Smoothed out delay variations at 
the receiver while efficiently adapting the size of the jitter 
buffer-balancing delays at the receiving side and optimizing 
packet loss. Other advantages offered by the present inven 
tion will be readily appreciated upon reading the below 
detailed description of the embodiments of the invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0.025 The above and further advantages of the invention 
may be better understood by referring to the following 
description in conjunction with the accompanying drawings, 
in which: 

0026 FIG. 1 is a speech signal in the time domain; 
0027 FIG. 2 is an LPC-residual of a speech signal in the 
time domain: 

0028 FIG. 3 is an analysis-by-synthesis speech encoder 
with an LTP-filter, 
0029 FIG. 4 is an analysis-by-synthesis speech encoder 
with an adaptive codebook; 
0030 FIG. 5 is a block diagram of two telecommunica 
tion units, one of which acts as a transmitter transmitting a 
signal over the network to the other acting as a receiver, 
0031 FIG. 6 is a block diagram illustrating parts of a 
receiver system for adaptation of the jitter buffer according 
to the invention; 
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0032 FIG. 7A is an illustration an original sequence of 
two speech frames; 
0033 FIG. 7B is an illustration of the insertion of a frame 
to the sequence of FIG. 7A: 
0034 FIG. 8A is an illustration of an original waveform 
Sequence; 

0035 FIG. 8B is an illustration of the insertion of a pitch 
based waveform segment to the sequence of FIG. 8A: 
0.036 FIG. 9A is an original waveform: 
0037 FIG. 9B is an illustration of the insertion of a 
waveform segment to the waveform of FIG. 9A; and 
0038 FIG. 10 is a flow diagram describing the function 
ing of a jitter buffer controller. 

DETAILED DESCRIPTION OF THE 
INVENTION 

0039 The present invention provides a receiver system in 
a communication system supporting packet-based commu 
nication of speech and data (e.g., an IP-network). The 
receiver system includes a receiver, a speech decoder and a 
jitter buffer for handling delay variations in the reception of 
a speech signal consisting of packets containing frames with 
encoded speech. The present invention also provides a 
system for improving the handling of delay variations in a 
jitter buffer within the receiver system in a communication 
system supporting packet-based communication of speech 
and data. The present invention also provides a system for 
adapting the size of a jitter buffer in a receiver system a 
communication system Supporting packet-based communi 
cation of speech and data. 
0040. While the making and using of various embodi 
ments of the present invention are discussed in detail below, 
it should be appreciated that the present invention provides 
many applicable inventive concepts that can be embodied in 
a wide variety of specific contexts. The specific embodi 
ments discussed herein are merely illustrative of specific 
ways to make and use the invention and do not delimit the 
scope of the invention. The discussion herein relates to 
packet-based communication systems Supporting packet 
based communication of speech and data. Specifically, illus 
trative embodiments are described as adapted for use in 
packet-based communication systems supporting packed 
based communications of speech and data, where a trans 
mitting communication unit samples input speech, compris 
ing a number of speech parameters, which are then 
packetized in packets and transmitted over the network to a 
receiving unit. The receiving unit, or system, plays the 
recreated, decoded, speech signal with a sampling rate; and, 
at the receiving side, an adaptable jitter buffer handles the 
delay variations when the packets are unpacked. However, it 
shall be understood that the invention is not restricted to 
these exemplifying embodiments, or to Such an application. 
The basic principles of the invention may likewise be 
applied to other communication systems. 
0041. In a packet-based communication system support 
ing packet based communication of speech and data, a first 
terminal unit, when acting as a transmitting communication 
unit, samples input speech comprising a number of speech 
parameters, (e.g. three types of parameters)—which here 
represent a speech frame comprising a number of samples 
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(e.g., 160 samples for a 20 ms speech frame if a sampling 
rate of 8 kHz is used). Those parameters are packetized in 
packets and transmitted over the network to a receiver 
system which plays up the recreated, decoded, speech signal 
(e.g., with a sampling rate of 8 kHz). At the receiving side, 
the packets are thus unpacked. However, as referred to 
earlier, delays with which packets are received on the 
receiving side may be different from one packet to another 
since some of the packets are transmitted quickly over 
network whereas others are transmitted slowly. Moreover, 
the clocks of the transmitting and receiving sides, respec 
tively, are usually not synchronized. If a Subsequent packet 
has not arrived when the preceding packet already has been 
played out, the user of the receiver will perceive this as a 
disturbance. The jitter buffer handles such delay variations 
because it is important that there is something to play up at 
all times. 

0.042 Referring now to the drawings, FIG. 1 illustrates a 
typical segment of a speech signal in the time domain. This 
speech signal shows a short-term correlation corresponding 
to the Vocal track and a long-term correlation corresponding 
to the vocal cords. The short-term correlation can be pre 
dicted by using an LPC-filter and the long-term correlation 
can be predicted through the use of an LTP-filter. LPC is 
linear prediction coding. Similarly, LTP is long-term pre 
diction coding. Linear, in this case, implies that the predic 
tion is a linear combination of previous samples of the 
speech signal. 

0043. The LPC-filter is usually denoted: 

H(z) 1 1 

Ass. 
i=1 

0044) Through feeding a speech signal through the LPC 
filter, H(Z) the LPC residual, r(n), is found. 
0045. The LPC residual shown in FIG. 2 contains pitch 
pulses P generated by the vocal cords. The distance between 
two pitch pulses is a so-called lag. The pitch pulses Pare also 
predictable, and since they represent the long-term correla 
tion of the speech signal, they are predicted through a 
long-term predictor, i.e. an LTP-filter given by the distance 
L between the pitch pulses P and the gain b of a pitch pulse 
P. The LTP filter is commonly denoted: 

0046) When the LPC-residual is fed through the inverse 
of the LTP-filter F(z), an LTP-residual r(n) is created. In 
the LTP-residual the long-term correlation in the LPC 
residual is removed, giving the LTP-residual a noise-like 
appearance. 

0047. Many low bit rate speech coders are so-called 
hybrid coders. In FIG. 3 an analysis-by-synthesis speech 
encoder 100 with LTP-filter 140 is illustrated. The vocal 
track is described with an LPC-filter 150 and the vocal cords 
is described with an LTP-filter 140, while the LTP-residual 
fr(N) is waveform-compared with a set of more or less 
stochastic codebook vectors from the fixed codebook 130. 
The input signal IN is divided into frames 110 with a typical 
length of 10-30 ms. For each frame, an LPC-filter (a 
short-term predictor) 150 is calculated through an LPC 
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analysis 120 and the LPC-filter 150 is included in a closed 
loop to find the parameters of the LTP-filter 140, i.e. the lag 
portion and LTP gain, the fixed codebook, codebook index 
and codebook gain. The speech decoder 180 is included in 
the encoder and consists of the fixed codebook 130 which 
output r(n) is connected to the LTP-filter 140 the output 
r(N) of which is connected to the LTP-filter 140, the 
output of which rec(n) is connected to the LPC-filter 150 
generating an estimate S(n) of the original speech signal 
SN(n). In the analysis to find the best set of parameters to 
represent the original sequence, the parameters of the fixed 
codebook, the gain and the long-term predictor are thus 
combined in different ways to generate different synthesized 
signals. Each estimated signal s(n) is compared with the 
original speech signal SN (n) and a difference signal e(n) is 
calculated. The difference signal e(n) is then weighted in 160 
for calculation of a perceptual weighted error measure e(n). 
The set of parameters giving the least perceptual weighted 
error measure e(n) is transmitted to the receiving side 170. 
This method, analysis by synthesis, thus consists in com 
paring different synthesized signals and selecting the best 
match. 

0048 FIG. 4 illustrates another type of analysis-by-syn 
thesis speech encoder 100 in which the LTP filter of FIG. 3 
(140) is exchanged through an adaptive codebook 135. The 
LPC-residual rec(n) is the output from the sum of the 
adaptive and the fixed codebooks 135 and 130. All other 
elements have the same functionality as in FIG. 3 illustrating 
the analysis-by-synthesis speech encoder with LTP-filter 
140. 

0049. The above brief summary of the functioning of 
speech coding with reference to FIGS. 3 and 4, is included 
merely for the purposes of giving an understanding of the 
methods that will be described in relation to the present 
invention. In practice, much work is spent on reducing the 
complexity and on increasing the perceived speech qual 
ity—some of which is beyond the scope of the present 
invention. Any suitable type of speech coding may be 
implemented in accordance with the present invention. 
0050 FIG. 5 schematically illustrates block diagrams of 
two telephone units, e.g. IP-phones, each of which of course 
is able to act both as a transmitter and a receiver, but in this 
figure one of the telephone terminal units 11 is Supposed to 
act as a transmitter transmitting a signal to another telephone 
terminal unit 12 acting as a receiver system. The terminal 
units 11, 12 include a microphone 1, A/D converter 2, voice 
encoder 3, Voice packager 4 and Voice decryptor 5, for 
transmitting a signal over the network to another terminal 
unit 12, or transceiver. The voice decryptors are not man 
datory. 

0051) The receiver comprises a voice buffer 10 for 
receiving signals from the network, a jitter buffer 20 for 
handling the delay variations in the reception of packets over 
the network, voice decryptor 30 and voice decoder 40, a D/A 
converter 60 and loudspeaker 70. The voice buffer and the 
jitter buffer may also consist of one common unit, simply 
denoted jitter buffer. Jitter buffer controller 50 communi 
cates with the jitter buffer 80, and voice decoder 40 is used 
to control adaptation of the size of jitter buffer 20, as further 
explained with reference to FIG. 6. 
0052 According to one embodiment of the present inven 
tion, the decoder at the receiving side comprises a CELP 
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decoder or a CELP-like decoder. In that case, the adaptation 
control can be performed using the decoder. According to 
other embodiments, where other decoders are used, the 
characteristics of the input speech signal are used for the 
adaptation. In both cases, the present invention processes the 
input speech signal to either expand or compress it in time, 
in order to provide for the appropriate adaptation of the jitter 
buffer (i.e. the size of the jitter buffer). 
0053 FIG. 6 is a block diagram which simplified to only 
illustrate those parts of the receiver system that actually are 
involved in adaptation of the jitter buffer according to the 
present invention. Thus, input to the jitter buffer consists of 
packets from a network (e.g., from a terminal unit acting as 
transmitter), and the packets from the network comprise 
speech parameters, representing one or more speech frames 
each comprising a number, N, of samples (e.g., 160 samples 
if a sampling frequency 8 kHz is used). Thus, packets are 
stored in jitter buffer 20 and the jitter buffer must have a 
certain size in order to enable a continuous flow to speech 
decoder 40. Other sampling frequencies can be used. 

0054) If, for example, the size of the buffer is too small 
then there is nothing to play out-which may be the case if the 
delay in the network is too long. According to the present 
invention, the jitter buffer size is then increased. If the 
speech decoder wants to play out with a frequency of 8 kHz, 
it fetches packets (e.g., normally comprising 160 samples) 
from the jitter buffer, synthesizes speech, and plays it out. If 
for example, the size of the jitter buffer is fixed and corre 
sponds to 160 samples, it is not possible to change the size 
of the jitter buffer and a packet will be fetched every 20 ms. 
If, however, according to the present invention, it is detected 
that the jitter buffer size needs to be increased, then, for 
example, the speech decoder does not fetch the packet after 
20 ms but instead after 22 ms (i.e., it waits two more 
milliseconds until it fetches the next packet). According to 
one embodiment, samples are then added in the decoder, 
which means that the speech signal is extended through two 
ms. For example, one or more pitch period may be added or, 
for example, 16 samples during a given period. Thus, a 
packet is fetched which contains a number of speech param 
eters. Normally the parameters would be converted to a 
number of samples—typically 160 samples. If adaptation of 
the size of the jitter buffer is needed, the number of samples 
that the parameters represent can be changed and then 
samples, pitch periods or frames can be added or removed 
in the decoder, or frames can be added or removed in the 
jitter buffer. In other words, the time period, until the 
Subsequent packet is fetched, is prolonged or shortened. If 
the time period is prolonged, the size of the jitter buffer is 
increased, and vice versa, if the time period is shortened, the 
size of the jitter buffer is reduced. 

0055 Returning to FIG. 6, the jitter buffer controller 50 
keeps information about the current size of the jitter buffer 
corresponding to the number of samples the parameters in 
the jitter buffer would represent after decoding, and of the 
default jitter buffer size corresponding to the default or 
desired size of the jitter buffer 20 corresponding to the 
number of samples the parameters should represent after 
decoding. 

0056. In one embodiment, jitter buffer controller 50 
detects the times at which packets arrive and the time when 
packets are fetched by the speech decoder 40. At the input 
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side, the frequency varies due to the delay variations. A 
solution is then to fetch packets more or less often to 
dynamically adapt the rate at which packets are fetched. 
Thus, using the information on arrival times of packets to the 
jitter buffer, and the times when packets are fetched by the 
decoding, the jitter buffer controller 50 determines if, and 
how, the jitter buffer 20 size needs to be adapted. 
0057 Thus, in one embodiment, information about the 
speech signal is provided from the speech decoder 40 to the 
jitter buffer controller 50 containing, for example, an analy 
sis of the speech signal content, which information com 
prises input data to be used in the decision as to when, if, and 
how the adaptation is to be performed. The adaptation, or 
modification, may be done during the decoding step, or after 
decoding. Information relating to the speech signal, on 
which the modification decision is based, may relate, in 
different embodiments, to the encoded or to the decoded 
speech signal. This procedure will be further described 
below. Control information relating to the decision that has 
been made, is forwarded to speech decoder 40, in this 
implementation. Thus, whenever the speech decoder needs 
a speech analysis frame to process for speech synthesis 
generation, speech decoder 40 extracts the frame from the 
jitter buffer 20 together with data information. The data 
information may, for example, be estimated bit rate within 
the frame, etc. 
0058 As referred to above, in parallel, the speech 
decoder 40 also gets the control information from the jitter 
buffer controller 50 as to whether or not it should modify the 
current frame. If the control information says that a modi 
fication is needed, information is also contained relating to 
how the frame should be modified (i.e., expanded or com 
pressed), and the kind of modification (e.g., if a single 
sample is to be added or removed, if one or more pitch 
periods are to be added or removed, or if a frame is to be 
added or removed). 
0059. In one embodiment, a modification is performed 
within the current frame or packet in the most appropriate 
way. According to another embodiment, the intelligence lies 
in the jitter buffer controller. Alternatively, the functionality 
of the jitter buffer controller may be provided in the speech 
decoder. Still further, the control functionality and the intel 
ligence may be distributed between the speech decoder and 
the jitter buffer controller. Then, for example, information 
about the result of an intended modification is provided from 
the speech decoder to the jitter buffer controller. 
0060 A modification may be done in different ways for 
example, through extracting or compressing the speech 
signal, depending on whether the size of the jitter buffer 
needs to be increased or decreased, and the speech signal can 
be extracted or compressed in different ways. One way is to 
insert or delete one or more samples. It is also possible to 
insert or delete one or more pitch periods—which actually is 
also an insertion or deletion of a number of samples. Still 
further it is possible to insert or delete one or more frames 
(i.e., that also being an insertion/deletion of a number of 
samples, which is the most general definition). There may 
also be other ways a speech signal can be extracted or 
compressed in accordance with the present invention, as 
well. 

0061 As soon as the speech signal is extracted or com 
pressed in time, jitter buffer size is affected indirectly, since 
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the play back point of the next speech frame is adjusted. 
Methods for inserting or deleting samples are given in 
“Method and Apparatus in a Telecommunication System’, 
which is incorporated herein by reference. However, the 
methods disclosed therein were evaluated for compensation 
of clock drift in the sampling frequency between the sending 
and the receiving side to avoid starvation in the play out 
buffer or to avoid an increasing delay. Starvation will occur 
if the receiving side has a higher sampling rate than the 
sending side and the delay will increase if the receiving side 
has a lower sampling rate than the sending side. According 
to the present invention, such methods can be used for jitter 
buffer adaptation. Hence, jitter buffer size can be adapted in 
different ways using sample, pitch or frame insertion/dele 
tion. 

0062) If the modification is a frame insertion (e.g., as 
decided by controller 50), such modification can be provided 
for in different ways. In one embodiment, the parameters of 
a previous frame are repeated and used during the synthesis 
of the inserted frame. Alternatively, corresponding to an 
advantageous implementation, a set of parameters is used 
during the synthesis of the inserted frame that has been 
derived from interpolation of parameters from the previous 
frame and the next frame, respectively. Such an approach is 
similar to that used for concealing lost frames (Error Con 
cealment Units). 

0063 FIGS. 7A, 7B illustrate insertion of a frame. In 
FIG. 7A, a portion of an original frame sequence is illus 
trated in which a previous frame is indicated as well as a next 
frame. FIG. 7B illustrates how the inserted frame is intro 
duced between the previous frame and the next frame. 
0064. If a frame is to be deleted, then the next subsequent 
frame may be deleted from the jitter buffer and a smoothing 
action is performed in the next frame. From the speech 
decoder 40, speech information and synthesized speech is 
output. The speech information comprises a number of 
samples that have been generated, information of about how 
many samples are comprised in a pitch period as well as 
other characteristics of the speech (e.g., if the speech is 
voiced or unvoiced). The jitter buffer controller 50 uses the 
speech information for taking the decision about which, if 
any, modification that needs to be done. Typically, pitch 
period will be between substantially 20 and 140 samples if 
a sampling information frequency of 8 kHz is used. Since 
the pitch period is quasi-stationary, at least during voiced 
segments of the speech, jitter buffer controller 50 obtains a 
rough estimate of pitch period through considering the pitch 
periods of previous frames. Based on this information, the 
jitter buffer controller 50 is able to decide if a pitch based 
action or if a frame based action is the most appropriate. The 
speech decoder 40 gives the result of the modification after 
the modification action has been done. The size of the speech 
synthesis frame will vary, depending on which action is 
taken. For a single sample insertion/deletion the value will 
be (framesize +1) and (framesize -1), respectively. For a 
frame insertion/deletion, the value will be (2xframesize) and 
(O), respectively. For the action pitch insertion/deletion, the 
size of the speech synthesis frame will vary depending on 
which pitch period that actually has been inserted or 
removed. 

0065. The jitter buffer controller 50 uses two values to 
make a decision relating to adaptation as briefly mentioned 
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in the foregoing. The first value is a current size of the jitter 
buffer, which is represented by the number of samples that 
remains in the receiver system until the received packet has 
to be fetched by the decoder. The second value is the default 
size, which is represented by the number of samples that 
should remain in the receiver system until the received 
packet has to be fetched by the decoder. If the current size 
differs greatly from the default size to allow adaptation 
within one and the same speech frame, Subsequent frames 
will be used to adapt the size of the jitter buffer 50. 
0066. In embodiments in which the receiving system 
contains a non CELP-type decoder, the methods of the 
present invention can be implemented by introducing some 
additional steps—such as performing an LPC analysis to 
achieve a LPC residual. The same actions as described 
above, inserting or deleting one or more samples, frames or 
pitch periods, are then performed followed by an LPC 
synthesis. In the patent application "Method and Apparatus 
in a Telecommunication System” referred to above, such 
sample rate conversion methods are described. 
0067. The present invention may be implemented even 
when no CELP-like decoder is available, utilizing the gen 
eral methods of the present invention. In one embodiment, 
a single sample is inserted or deleted on a raw speech signal. 
In this case, a framing of the speech signal is made. Samples 
to remove are selected in a manner so as to avoid segments 
with more information, i.e., where the signal varies rapidly. 
However, cautiousness should be used when implementing 
this method because, if insertion/deletion is made too often, 
the speech quality will run the risk of being deteriorated. 

0068 If there is a need for a faster adaptation on a raw 
speech signal, a segment of the waveform can be repeated as 
illustrated in FIGS. 8A and 8B, wherein FIG. 8A illustrates 
an original waveform sequence and FIG. 8B illustrates how 
a pitch based waveform is inserted. 
0069. The repetition may be a full pitch period, but it can 
also be limited to a single wave as illustrated Schematically 
in FIG. 9B. FIG. 9A illustrates the original waveform 
whereas FIG.9B illustrates the modified waveform wherein 
a waveform segment has been inserted. Thus, according to 
the invention, the concept can be implemented when CELP 
or CELP-like decoders are available, when other decoders 
are available using a pseudo-CELP approach as described 
above, or, insertions/deletions can be done to/from the 
speech signal itself. 
0070 FIG. 10 is a flow diagram describing processing 
flow of the jitter buffer controller 50. It functions as follows: 
from the start, 200, it determines if there has been a network 
event, 210. In other words it determines whether a packet 
has arrived. If not, the speech decoder is updated as far as the 
extraction times are concerned, 211 (i.e., no packet has 
arrived). If, however, a packet has arrived, the jitter buffer 
calculations are updated, 220. 

0.071) The size of the jitter buffer can be calculated in 
different ways. One way to calculate the size of the jitter 
buffer is to have a sliding average, where for every packet 
the time left until an incoming packet is to be used for speech 
synthesis S measured. For consecutive packets, this will of 
course vary, but through taking a number of values, for 
example, the ten last values, and then form the average, it is 
possible to see if the jitter buffer tends to be too large or too 
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Small or if it appears to have the appropriate size. It is then 
established if the packet loss probability exceeds a maxi 
mum threshold value THR 230. Also this value depends 
on the situation. THR, is the probability threshold that 
should be observed i.e. it should not be exceeded, in order 
to provide a sufficient speech quality but it varies depending 
on which speech decoder that actually is used. 
0072 The jitter buffer minimum size JB, is the smallest 
size the jitter buffer should have depending on the variance 
in the delay variation of incoming packets. The jitter buffer 
also has a maximum value JB, that should not be 
exceeded; otherwise the speech quality would be negatively 
affected. Delay variation is the calculated variation of the 
interval between two consecutive packets. If the jitter buffer 
size is smaller than the maximum jitter buffer size JB, 
231, the jitter buffer size should be increased, 232, and then 
the procedure is stopped, 233, until being repeated again 
from 200 above. If however the jitter buffer size is not 
Smaller than the maximum, nothing is done, 231A, until the 
procedure is repeated again from 200 above. If however it 
was established that the probability of loosing packets was 
smaller than the maximum threshold value THR, (230), is 
examined if the jitter buffer size exceeds the minimum jitter 
buffer size JB, 240. If yes, the jitter buffer size is 
decreased, 250, and then nothing is done, 260, until the 
procedure is repeated again from 200 above. If it was 
established that the jitter buffer size did not exceed the 
minimum size, nothing is done, 241, until the procedure is 
repeated from 200 above. 
0073. It should be clear that the invention is not limited 
to the explicitly described embodiments, but that it can be 
varied in a number of ways within the scope of the appended 
claims. It is, for example, applicable to a number of decod 
ers, not just so called CELP-decoders or CELP-like decod 
ers. Moreover packet storing can be effected in the physical 
jitter buffer or after decoding in the decoder, hence the 
reference to functional size of the jitter buffer, or functional 
jitter buffer. 
0074 Although preferred embodiments of the present 
invention have been described in detail, it will be understood 
by those skilled in the art that various modifications can be 
made therein without departing from the spirit and scope of 
the invention as set forth in the amended claims. 

1-19. (canceled) 
20. A method of dynamically adapting the size of a jitter 

buffer in a receiving system within a communication system 
Supporting a packet-based communication, comprising the 
steps of 

receiving by the receiver system, a signal encoded in 
packets; 

storing the packets in the jitter buffer; 
fetching packets from the jitter buffer by a decoder; 
decoding the packets in the decoder; 
sending information about the received signal from the 

jitter buffer and the decoder to a jitter buffer controller; 
using information about the received signal to determine 
by the jitter buffer controller, whether the size of the 
jitter buffer needs to be adapted; and 
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responsive to the determination, adapting the size of the 
jitter buffer by extending or compressing the received 
signal in time by controlling the number of samples the 
frames stored in the jitter buffer would represent when 
decoded. 

21. The method of claim 20, wherein the step of extending 
or compressing the signal further comprises increasing or 
decreasing the rate at which the decoder fetches packets 
from the jitter buffer. 

22. The method of claim 20, wherein the step of adapting 
the size of the jitter buffer further comprises adding or 
removing a sample when a packet is decoded in the decoder. 

23. The method of claim 20, wherein the step of adapting 
the size of the jitter buffer further comprises the steps of: 

adding one or more pitch periods upon decoding in the 
decoder if the size of the jitter buffer needs to be 
increased; or 

removing one or more pitch periods in the decoder, if the 
size of the jitter buffer needs to be reduced. 

24. The method of claim 20, wherein the step of adapting 
the size of the jitter buffer further comprises adding one or 
more frames to a packet or removing one or more frames 
from a packet. 

25. The method of claim 20, wherein the step of using 
information about the received signal to determine whether 
the size of the jitter buffer needs to be adapted includes 
determining a time difference between an arrival time of a 
packet to the jitter buffer and a time at which the packet is 
fetched by the decoder. 

26. The method of claim 20, wherein the step of decoding 
further comprises using a CELP-decoder for adaptation 
control. 

27. The method of claim 20, wherein the step of adapting 
the size of the jitter buffer by extending or compressing 
further comprises the steps of: 

performing an LPC-analysis; and 
performing an LPC-synthesis. 
28-29. (canceled) 
30. The method of claim 20, wherein the step of using 

information about the received signal to determine whether 
the size of the jitter buffer needs to be adapted includes the 
steps of 

determining whether a probability of packet loss exceeds 
a maximum threshold value; and 

increasing the size of the jitter buffer if the probability of 
packet loss exceeds the maximum threshold value and 
the current size of the jitter buffer is less than a 
maximum allowable size. 

31. The method of claim 20, wherein the step of using 
information about the received signal to determine whether 
the size of the jitter buffer needs to be adapted includes the 
steps of 

determining whether a probability of packet loss exceeds 
a maximum threshold value; and 

increasing the size of the jitter buffer if the probability of 
packet loss is less than the maximum threshold value 
and the current size of the jitter buffer is greater than a 
minimum allowable size. 


